We study near-field sound source localization, for which two-dimensional multiple signal classification (2D-MUSIC) has already been developed. However, this method requires a lot of elapsed time because it processes in each frequency. A localization method based on crosspower spectrum phase analysis (CSP) in the near field has also been developed. However, its localization accuracy is degraded by noise sources and reverberations. To overcome these problems, we propose a new localization method based on time delay and subspace methods. Experimental results of an evaluation experiment carried out in a conference room demonstrate that the method improves localization accuracy with less elapsed time in a diffused noise environment.
Introduction
A microphone array is effective at capturing distant-talking speech with high quality in noisy environments. It captures the target speech by steering the directivity on the basis of the direction of the target speaker. Techniques have been developed not only to estimate the directions of sound sources in the far field, but also to localize the positions of sound sources in the near field. Localizing sound sources in the near field is especially important for developing useful speech interfaces such as speech-controlled machines, humanoid robots, and acoustic surveillance systems. One effective technique that has been developed in near-field sound source localization research is two-dimensional multiple signal classification (2D-MUSIC) [1] . In diffused noise environments, it can improve the localization accuracy through the use of subspace separation [2] . However, nique that has been developed for sound source localization is two-dimensional cross-power spectrum phase analysis with paired microphones (multiple-paired 2D-CSP) [3, 4] . It localizes the sound source on the basis of the time delay of arrival (TDOA) between each microphone, and its elapsed time is less than that of 2D-MUSIC. However, its localization accuracy is degraded by diffused noises and reverberations. To overcome these problems, we propose a new localization method based on the TDOA at the signal subspace of observed signals. It uses a subspace method to suppress the effects of diffused noise and reduces the elapsed time on the basis of localization with the TDOA between each microphone. Our aims in developing the method are to improve the localization performance in diffused noise environments and reduce the elapsed time required for the localization.
sound sources in the near field. This method is an expanded version of the conventional MUSIC [5] method. It localizes sound sources on the basis of the orthogonality between the signal subspace and the noise subspace of observed signals. Figure 1 shows the processing flow for the conventional 2D-MUSIC. 1) Calculating the eigenvector in noise subspace First, 2D-MUSIC calculates a correlation matrix from observed signals in the frequency domain. The vector of the observed signals X ω (l) and a correlation matrix R ω (l) are derived from Eq. (1), (2) .
The symbol l denotes the time frame, ω the frequency index, X ω,i (l) the observed signal at the ith microphone, T the transposition, H the conjugate transposition, and M the number of microphones. The time averaged correlation matrix R ω is derived from Eq. (3).
The symbol L denotes the number of frames for timedomain averaging. Next, eigenvalues and eigenvectors of R ω are calculated. Moreover, eigenvectors are separated into signal subspace and noise subspace. The eigenvectors E n,ω corresponding to the noise subspace are derived by Eq. (4).
The symbol N denotes the number of target sound sources, e i,ω the eigenvector corresponding to the ith eigenvalues at frequency ω, and eigenvectors are sorted in descending order.
2) Calculating the location vector Location vectors are calculated in whole spaces of interest. The location vector d ω (S x , S y ) is derived from Eq. (5).
The symbol (S x , S y ) denotes the coordinates of a sound source, and τ i (S x , S y ) the propagation time from the sound source (S x , S y ) to the ith microphone. On the basis of the spherical waves, τ i (S x , S y ) is derived from Eq. (6).
The symbol (M i,x , M i,y ) denotes the coordinates of the ith microphone, and c the sound propagation speed.
3) Calculating the spatial spectrum The spatial spectrum P ω (S x , S y ) for 2D-MUSIC can be derived from Eq. (7). In the matched condition of (S x , S y ) and one for the target source location, the denominator of Eq. (7) goes to 0 based on the orthogonality and P ω (S x , S y ) has a maximum peak. 4) Calculating the averaged spatial spectrum in the frequency domain
The averaged spatial spectrum P (S x , S y ) is calculated in the frequency domain by Eq. (8).
The symbols [ω L , ω H ] are indices for the lower and upper bounds of the frequency range. 5) Localizing the sound source Finally, the estimated sound source location (Ŝ x ,Ŝ y ) is determined by Eq. (9).
The 2D-MUSIC method can localize a sound source accurately in a diffused noise environment by means of subspace separation [2] . However, the method requires a lot of elapsed time because it must process in each frequency.
Multiple-paired 2D-CSP
Two-dimensional cross-power spectrum phase analysis with multiple-paired microphones (multiple-paired 2D-CSP) [3, 4] has been developed as a method for localizing sound sources in the near field. This method is an expanded version of the conventional CSP [6] method. Figure  2 shows the processing flow for the conventional multiplepaired 2D-CSP.
1) Estimating the time delay between paired microphones
The multiple-paired 2D-CSP method first estimates the CSP coefficients CSP i,j (t) and the time delay of arrival
The symbol DF T −1 the inverse discrete Fourier transform, and r i,j (ω) the generalized cross correlation between two observed signals that is derived from Eq. (11), and X ω,i (l) denotes the observed signal at the ith microphone in the frequency ω, N the length of Fourier transform. This method first calculates the discrete Fourier transform of captured signals with a microphone array, then calculates phase differences on the basis of amplitude normalization, and finally acquires the CSP coefficients with an inverse discrete Fourier transform, as shown in Eqs. (10), (11). In contrast, the TDOA is acquired by utilizing the time delay on the basis of the maximum CSP coefficient, as shown in Eq. (12). These are exactly the same steps as those of CSP [6] .
2) Calculating the location vector The TDOA τ i,j (S x , S y ) from the sound source (S x , S y ) to the microphones i, j is derived from Eq. (13) on the basis of the spherical waves, with the sound propagation time τ i (S x , S y ) derived from Eq. (6).
The symbols i, j denote the index of microphones (1 ≤ i < j ≤ M ).
3) Calculating the spatial spectrum Multiple-paired 2D-CSP localizes a sound source on the basis of the estimated TDOAτ i,j and the computed TDOA τ i,j (S x , S y ). The spatial spectrum P (S x , S y ) for multiple-paired 2D-CSP is derived from Eq. (14).
Ifτ i,j agrees with τ i,j (S x , S y ) in Eq. (14), P (S x , S y ) goes to 0. When P (S x , S y ) is at its minimum value, (S x , S y ) is estimated to be a sound source location. This method localizes the sound source on the basis of the TDOA between each microphone with less elapsed time than that of 2D-MUSIC. However, its localization accuracy is degraded by diffused noises and reverberations.
Principle of the Proposed Method
As mentioned above, 2D-MUSIC and multiple-paired 2D-CSP have been developed as sound source localization methods. However, the elapsed time for 2D-MUSIC increases due to the need to calculate spatial spectra in each frequency, while diffused noises and reverberations degrade the localization accuracy for multiple-paired 2D-CSP. To overcome these problems, we propose a new localization method based on the time delay in the signal subspace. The proposed method reduces the elapsed time by means of localization with TDOA and improves the localization accuracy in diffused noise environments on the basis of subspace separation. Figure 3 shows the processing flow for this method. 1) Calculating the eigenvector in the signal subspace First, the proposed method calculates a correlation matrix from observed signals. The vector of the observed signals X ω (l) and a correlation matrix R ω (l) are derived from Eq. (15), (16).
The symbol l denotes the time frame, ω the frequency index, X ω,i (l) the observed signal at the ith microphone, T the transposition, H the conjugate transposition, and M the number of microphones. The time averaged correlation matrix R ω is derived from Eq. (17).
The symbol L denotes the number of frames for timedomain averaging. Next, eigenvalues and eigenvectors of R ω are calculated. Moreover, eigenvectors are separated into signal subspace and noise subspace. The eigenvectors E s,ω corresponding to the signal subspace are derived by Eq. (18).
2) Estimating the time delay using eigenvectors in the signal subspace When there is one sound source, the eigenvector for the ith microphone in all frequency bands is derived from Eq. (19).
The symbols [ω L , ω H ] are indices for the lower and upper bounds of the frequency range, and e i,ω is the eigenvector component for the ith microphone and frequency ω. e i represents the TDOA between the sound source location and the ith microphone. The CSP coefficients for the proposed method are derived from Eq. (20), (21). The symbol CSP i,j (t) denotes the CSP coefficients between microphones i and j(1 ≤ i < j ≤ M ), and N denotes the length of Fourier transform. The estimated value of the time difference between microphones i and j is derived from Eq. (22).
3) Calculating the location vector In addition, the TDOA τ i,j (S x , S y ) from the sound source (S x , S y ) to microphones i, j is derived from Eq. (23) on the basis of the spherical waves, with the sound propagation time τ i (S x , S y ) derived from Eq. (6).
4) Calculating the spatial spectrum The proposed method localizes a sound source using the estimated TDOAτ i,j and the computed TDOA τ i,j (S x , S y ). The spatial spectrum P (S x , S y ) for the proposed method is derived from Eq. (24).
Ifτ i,j agrees with τ i,j (S x , S y ) in Eq. (24), P (S x , S y ) goes to 0. When P (S x , S y ) is at its minimum value, (S x , S y ) is estimated to be a sound source location. The proposed method uses the subspace separation to reduce the effects of diffused noise. It also reduces the elapsed time by means of localization based on the TDOA. Therefore, it achieves robust sound source localization with less elapsed time. 
Experiments

Experimental conditions
We carried out experiments in a conference room to evaluate our method. Table 1 shows the experimental conditions. Figure 4 shows the configuration of the microphone array used for the evaluation. Figure 5 shows the placement of the sound sources and the microphone array in the experimental environment. There were 49 different sound source positions with 0.5 [m] spacing. We recorded speech signals as sound sources in each sound source position. We also recorded the sounds emitting from an air-conditioner operating on the conference room ceiling as noise sources. After the recording, we designed evaluation signals that added speech and noise under -10, 0, 10, and 20 [dB] SNR conditions. The frequency range for sound source localization was 0.3 ∼ 7.3 [kHz] . To obtain the evaluations, we used a laptop PC with Core-i5 2.67 GHz CPU and 4 Gbytes of memory. The conventional and proposed methods were implemented with Matlab R2010b.
Experimental results
We evaluated the conventional 2D-MUSIC, multiplepaired 2D-CSP methods and our proposed method in terms of localization accuracy and elapsed time. The localization error we used for evaluating the localization accuracy was the Euclidian distance between the true and estimated sound source locations. We used the relative elapsed time ratio for evaluating the elapsed time. It was calculated by normalizing elapsed times in that of the 2D-MUSIC Figure 6 . Localization error.
method. Figure 6 shows the localization error obtained for the conventional methods and the proposed method. The vertical axis denotes the average localization error and the error bars denote the standard deviation of the localization error. As the figure shows, under 0 ∼ 20 [dB] SNR conditions the localization accuracy for the proposed method is almost the same as that of the conventional methods. Table 2 shows the elapsed time and the relative elapsed time ratio of the conventional and proposed methods. The elapsed time for the proposed method was almost the same as that for the multiple-paired 2D-CSP method, and was 95 % less than that for the 2D-MUSIC method.
The results shown in Fig. 6 and Table 2 demonstrate that in comparison with 2D-MUSIC, the proposed method reduces the elapsed time by 95 % without degrading the localization accuracy. The experimental results also demonstrate that in comparison with multiple-paired 2D-CSP, the proposed method reduces the localization error by 0.18 [m] under -10 [dB] SNR conditions without increasing the elapsed time. We can therefore conclude that the proposed method provides significantly better performance than the conventional methods in an actual environment.
Conclusion
A sound source must be accurately localized to capture distant-talking speech with a microphone array. We developed a sound source localization method based on time delay and subspace separation in the near field. Evaluation experiments in an actual environment showed that the proposed method is able to localize a sound source with higher localization accuracy and less elapsed time than conventional methods. In future work, we intend to evaluate the proposed method under a noisy environment with multiple sound sources.
